Recently, a wide variety of audio services are available in our if the direction of the target signal is not exactly set, the target signal is severely distorted in the specific frequency, of which the beamformer is switched over, due to the discontinuous output gain in frequency. In this paper, a smoothing scheme is applied into the switching beamformer method to solve the problem on the spectral discontinuity of the output gain. Two beamformer outputs, which are properly weighted in the frequency domain, are mixed up to achieve the smooth output around the switching frequencies.
Introduction
Today, opportunities to use audio services have been increased for TVs, cell phones, tablet PCs and so on. It is important to use the target signal without noise, because those services work wrong with the distortion of the target signal. However, it is difficult to capture the target signal clearly, because acoustic interferences exist in the real world.
Beamforming achieves noise reduction by spatial filtering using plural observed signals, which are captured by spatially-distributed microphones (1) . The delay-and-sum beamformer, which sums the observed signals with the time delay, is one of beamforming method. The equally-spaced microphone array is used for the conventional delay-and-sum beamforming as shown in Fig. 1 . In this method, sidelobe, which enhances not only target signal but also noise signal, is occurred. J. L. Flanagan proposed the delay-and-sum beamforming using the octave array (2) . And also, Yoshikuni et al. proposed the non-linear beamforming using non-equally-spaced microphones, where the different microphone set with the suitable microphone spacing is used in each frequency range (3) . The space among the microphones is important parameter to frequency response. These non-equally-spaced arrays can use the several spaces among microphones to each frequency ranges. However, if the same number of microphone is used for delay-and-sum beamforming, the number of microphone to use simultaneously with non-equally-spaced array is lower than Fig. 1 . Equally-spaced microphone array This array has eight microphones: M1 to M8. Spacing between neighboring microphones is 7cm.
the conventional delay-and-sum beamforming with equally-spaced array. Therefore, the performance of noise reduction from the method using the non-equally-spaced array is lower than the conventional delay-and-sum beamforming using the equally-spaced array. And more, if the direction of the target signal is not exactly set, the target signal is severely distorted in the specific frequency, of which the beamformer is switched over, due to the discontinuous output gain in frequency. In this paper, a smoothing scheme is applied into the switching beamformer method to solve the problem on the spectral discontinuity of the output gain. In chapter 2, the beamforming techniques are overviewed. In chapter 3, proposed method is explained. In chapter 4, the performance of the proposed method is evaluated objectively and subjectively. In chapter 5, the conclusion is given.
Delay-and-sum beamforming

Principle
The basic idea of delay-and-sum is superposition of waves. Plural signals from microphone array have the time delays and different phases. Matching the phases of signals to add the time delay and summing the signals, the signals are enhanced each other.
The signal output H from an arbitrary array of N microphones due to a time-harmonic plane wave with wavevector k is where is the amplitude weighting of sensor n, is the positive vector of sensor n with respect to some defined origin, and the bold words indicates a vector quantity. The array can be steered to wave arrivals from different directions by introducing a variable time delay for each microphone. The response of the steered array is where ω = 2 is the radian frequency. It is convenient to make a change of variables and define
where ̂′ is the unit vector in the wavevector ′ direction, c is the speed of sound, and This principle has been used to design non-equally-spaced array of sensors spaced by d distance. The microphone spacing dictates the highest frequency for which spatial aliasing (or, ambiguity in directivity) does not occur. This frequency also depends upon the steering parameters but has a lower bound of Alternatively the spacing is chosen as
The lowest frequency for which useful spatial discrimination occurs depends upon the overall dimensions of the array.
Conventional delay-and-sum beamforming
Conventional delay-and-sum beamformer sums the signals observed by the spatially-distributed microphones with the sets of the fixed weights and the time delays. Adding all signals from an equally-spaced microphone array without the time delay makes main enhance pattern at perpendicular direction (degree of 0) to the array (Fig. 2) . operation by superposition principle of waves. The signals coming from the desired direction can be enhanced by temporally aligning the observed signals with the proper delay before summation. In this paper, small array is used and it has limitation of the beamforming. Interference from certain direction is not completely cancelled because of spatial aliasing effect.
Switching non-equal space microphone array
Octave array is proposed by J. L. Flanagan (2) . This array has spatially-distributed multiple microphones. A design artifice to combat the frequency dependence of microphone array is to use harmonic nesting of the microphones, so that different harmonically-spaced groups of microphones are used to cover contiguous octaves. Some microphones in the nest serve every octave band.
The switching non-equally-spaced microphone array method is proposed by Yoshikuni et al to reduce the spatial aliasing effect (Fig. 3 ). This array has the nested eight microphones which can select the several spacing between microphones under the small array. To switch the different microphone group, several spacing is suitable for the each frequency range. In Fig. 3 , there are three spacing, 1.85cm, 5.55cm and 16.65cm and, the relationship among these spacing are 3 n intervals. In Fig. 4 , in the low frequency (~1700), the microphones are used by the M1, M2, M7 and M8. In the mid frequency (1700~5000), the microphones are used by the M2, M3, M6 and M7. In high frequency (5000~), the microphones are used by the M3, M4, M5 and M6. These divided frequency ranges are decided by Eq. (2.1.5) This method can enhance the target signal while reducing the noise signals with less distortion, because of reducing the spatial aliasing effect. However, if the direction of the target signal is not exactly set, the target signal is severely distorted in the specific frequency, of which the beamformer is switched over, due to the discontinuous output gain in frequency. In Fig. 5 , frequency response shows discontinuous at the frequency of around 1700 and 5000.
Proposed method 3.1 Objective
The switching non-equally-spaced microphone array method causes distortion in the output signal, if the direction of the target signal is not exactly set. It is necessary that tolerant method to misalignment of target direction. In this paper, the smoothing of array response in the frequency domain is applied to have robustness for misalignment of target direction.
Procedure
To smooth the discontinuous output gain in frequency, all signals from each microphone group sum with sets of the weight in the frequency domain.
First, three output signals from microphone groups used for three different frequency ranges are transformed into frequency domain using the short-term Fourier transform. Then, processed signals are weighted by the proposed weight pattern. In Fig. 6 , this weight pattern gives the gradual change at the switching frequencies. Figure 7 shows the position of weighting. The inverse Fourier transform is applied to the sum of the weighted signals to obtain the output signal in time domain. Figure 8 is a picture of smoothed array response. It is confirm that array response is continuous at the frequency of around 1700 and 5000.
Performance evaluation 4.1 Performance evaluation of noise reduction algorithm
Generally, it is desirable to evaluate objectively and subjectively for judging the performance of noise reduction algorithm. Since subjective evaluations are both time consuming and expensive, it is desirable to develop an objective measurement method in order to produce an estimate of audio quality (4) .
In objective evaluation, physical measures are used to evaluate the performance. Recently, it has been easy to calculate the objective measures on computer. However, objective distortion measures are usefully complement subjective evaluation. The performance cannot be judged perfectively from only objective measures.
In subjective evaluation, a listening test is carried out to evaluate the performance of noise reduction algorithm. It is necessary to evaluate the sound quality on sense of human being. The listening test is well used for sound sensory evaluation because preparation of experiment is simple. It is easy to judge the performance from test results. However, the sense of the human being includes individual variation and vagueness. Significant subjective evaluation should be considered from a lot of subjects.
In this paper, the signal-to-noise ratio is calculated as the objective evaluation and the Scheffe's paired comparison is employed for the subjective evaluation. Table 1 shows abbreviation definition. Method 1 is the output signal by the conventional delay-and-sum beamforming. Method 2 is output signal by the switching non-equally-spaced microphone array. Method 3 is the output signal by the proposed method. Method 4 is the non-method signal as clean source added noise simply.
Common evaluation condition
In this paper, all signals are processed by MATLAB, and are limited by the band pass filter in between 300 and 8000Hz.
Female voice and factory noise are used to make any samples. The female voice is prepared from the sound library (5) , and the factory noise is prepared from the noise database (6) . Table 2 shows evaluation conditions. The samples processed by the beamforming method consist of female voice and factory noise. The SNR is set at -15dB. The target signal comes from at the degree of 0 to the array vertically. Noise input direction sets at the degree of 0 to 90 at degree of 10 intervals.
Objective evaluation
(c) Results Figure 9 shows the SNR improvement. The SNR improvement of the method 3 is higher than the method 1 and method 2 at the degree of 70 to 90. This result indicates that the proposed method improves the SNR outside of the noise input direction at the degree of 70 to 90.
It is confirmed that the performance of the noise reduction is improved applied by the proposed method when noise comes from the degree of 70 to 90.
Subjective evaluation
The noise-reduced signals are evaluated subjectively in both viewpoints of the ease of hearing the target speech and the distortion of the target speech.
In this paper, the Scheffe's paired comparison (7) , which is paired comparison method to discriminate between slight differences of sample, was employed to evaluate the performance of the each method. Two evaluate samples were selected randomly from the prepared samples, and were presented five times to each subjects through the headphone (SENNHEISER HD200) Subjects were seven male students with normal hearing. Subjects listened to the two samples in order, and evaluate the sound quality to compare each other subjectively.
Distortion of target speech
The distortion of the target signal is evaluated. Distortion of the target speech means that how much the signal is distorted.
(a) Experimental conditions Three beamformer outputs, method 1, 2, and 3, and non-processed signal, method 4, are compared with each other. Table 3 shows the experimental conditions, which is a part of objective condition. Processed sample is the female voice without noise. The direction of enhancement sets at the degree of 0 to the array vertically. Target speech Fig. 9 . SNR improvement by conventional delay-and-sum (method 1), switching non-equally-spaced microphone array (method 2), and proposed method (method 3) comes from the degree of 10 and 30 to the right. In the other word, the direction of the target speech is not exactly set. When the direction of target speech is slightly misalignment, output signal is distorted. Seven subjects listened to two output signals, and evaluated which sample was more distorted. The number of distortion intervals of the sensory evaluation was 5; first sample is more distorted (+2), first sample is distorted (+1), same (0), second sample is distorted (-1), second sample is more distorted (-2) in comparison with another sample. These intervals make the scaling results of sensory distortion of target speech evaluation values.
(
b) Results
Results of the listening test were analyzed statistically. The sensory distortion of the target speech evaluation values for individual samples is shown in Fig. 10 .
In Fig. 10(a) , when the target speech comes from the 10 degrees to the right/left, the degree of sensory distortion of target speech evaluation values of each sample shows that method 4 is similar to method 3, method 3 is more than method 2, and method 2 is more than method 1. This result indicates that method 3 and method 4 are subjectively similar and method 1 and method 2 are more distorted compared with method 3. The significant difference of the degree was tested by the Scheffe's paired comparison test at 99% confidence interval.
In Fig. 10(b) , when the target speech comes from the 30 degrees to the right/left, the degree of sensory distortion of target speech evaluation values of each sample shows that method 4 is more than method 3, method 3 is similar to method 2, and method 2 is more than method 1. This result indicates that method 2 and method 3 are subjectively similar and method 1 is more distorted compared with method 2 or method 3. The significant difference of the degree was tested by the Scheffe's paired comparison test at 99% confidence interval.
To consider these results, it is confirmed that the performance applied by proposed method. The proposed method could reduce the distortion, when the direction of the target speech is not exactly set as the degree of 10.
Ease of hearing target speech
The ease of hearing the target speech is evaluated. Ease of hearing target speech means that how much ease the target speech can hear in noisy environment.
(a) Experimental conditions The performances of three beamformer outputs, method 1, 2, and 3, are compared with each other. Table 4 shows the experimental conditions. Processed sample is the female voice mixed with factory noise. The SNR is set at -15dB. Noise input direction sets at the degree of 70 to the array vertically. The direction of enhancement sets at the degree of 0. Target signal comes from the degree of 10.
Seven subjects listened to two speech samples, and evaluated which sample was ease to hear the target speech. The number of ease intervals of the sensory evaluation was 5; first sample is more ease of hearing the target speech (+2), first sample is ease of hearing the target speech (+1), same (0), second sample is ease of hearing the target speech (-1), second sample is more ease of hearing the target speech (-2) in comparison with another sample. These intervals make the scaling results of sensory ease of hearing Fig. 11 .
In Fig. 11 , the degree of sensory ease of hearing target speech evaluation values of each sample shows that method 1 is similar to method 2 and method 3 is more than method 2. The significant difference of the degree was tested by the Scheffe's paired comparison test at 99% confidence interval.
This result indicates that method 1 and method 2 are subjectively similar and method 3 have the best performance compared with method 1 and method 2.
Conclusions
The switching beamformer method with non-equally-spaced microphones can reduce the noise, but the spatial discontinuity of the beamformer output caused the distortion on the target signal, of which the arrival direction was not set exactly in beamforming. In this paper, the outputs of the non-equally-spaced beamformer are weighted and summed in the frequency domain around the specific frequencies, where the active beamformer is switched over. The proposed beamformer achieves less distorted beamformer output, and is robust against the misalignment of the direction of the target signal in beamforming. The feasibility of the proposed method is confirmed by the signal-to-noise ratio in energy and the formal listening test compared with both the switching non-linear beamformer and the conventional delay-and-sum beamformer. Future works include the performance evaluation in the real environment.
